WO 2005/091675 



PCT/EP2005/051167 



1 

TITLE 

Hearing aid with anti feedback system. 
AREA OF THE INVENTION 

5 

The invention relates to hearing aids and other audio equipment wherein feed back may 
occur when a captured audio signal is repeated by a loudspeaker (in hearing aids named 
the receiver) is recaptured by the microphone and further amplified. 

10 BACKGROUND OF THE INVENTION 



In hearing aids and other audio equipment it is often necessary to use anti feed back 
system in order to avoid the feed back problem. The anti feedback system may however 
be disturbed when changes occur in the signal path such as changes in directionality or 
15 changes in the choice of program effected either manually or automatically. The 

invention tries to avoid the problems which relates to correlation between anti feed back 
systems and fast changes in the signal processing in the signal path. 

SUMMARY OF THE INVENTION 

20 

The invention solves the problem that the hearing aid may start to howl when the 
directional processing changes mode or when other changes in the signal processing 
mode are provoked manually or by shifts in the environment. 

25 According to the invention a hearing aid with anti feed back system is provided where 
the hearing aid further comprises: 

• a signal path from at least one input transducer to an output transducer, 

• a signal processing unit, 

• acoustic environment detection means, 

30 • means for generating input to the setting of signal processing parameters to be 

used in the signal processing unit based on either manual input or output from the 
acoustic environment detection means, 
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• means for generating an alert signal to the anti feed back system whenever one or 
more preselected input to the generation of signal processing parameters 
undergoes changes. 

5 The alert signal is used by the anti feed back system to change its mode, possibly such 
that a faster adaptation will take place. 

In an embodiment of the invention one of the preselected input to the generation of 
signal processing parameters relates to processing of a directional characteristic of 
10 signals received from two or more microphones. The directionality may change between 
an omnidirectional and a directional signal, which is input to the signal processing unit, 
and when this happens the anti feed back block may not be able to adapt its filters fast 
enough. Here an indication from the directional calculation unit is used at the anti feed 
back block to ensure quick adaptation to the new situation. 

15 

In an other embodiment of invention wherein at least two different programs are 
comprised in the hearing aid, and means for automatic shifting between the programs 
based on the environment detection are also provided, one of the preselected input to the 
generation of signal processing parameters relates to the automatic or manual selection 
20 of a programme. Program shifts may also effect the anti feed back unit, and according to 
this embodiment of the invention it is assured information on program shifts, be it 
automatic shifts or manual shifts, are relayed to the anti feed back unit, such that 
adaptation rate may be adjusted to quickly track the resulting changes in the signal path. 

25 

BRIEF DESCRIPTION OF THE DRAWINGS 

Figure 1. show a schematic representation of the hearing aid, 
Figure 2. shows a diagram of the directional block, 
30 Figure 3. is a diagram showing the function of the anti feedback block. 

DESCRIPTION OF A PREFERRED EMBODIMENT 
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The hearing aid 1 according to the presented embodiment comprises a block for 
directional processing 2, a block for frequency shaping 3 and a block for anti feedback 
processing 4 configured according to Figure 1. The directional processing 2 can 
automatically switch between a directional mode, where signals with other incidents than 
5 frontal are attenuated, and an omni mode. The anti feedback system cancel the part of the 
input signal that is feedback and is used to allow for more gain without howl. As seen in 
fig. 2, the directionality block 2 generates two signals; a signal with directional 
sensitivity 11 and an omni signal 12. The output 13 of the block 2 will either be the one 
of these signals or a combination of the two. This is implemented with a fader 14 at the 

10 output of the block 2. The fader 14 applies gain to the two signals 11,12 before adding 
them. The gain applied to the omni- signal is called cx omni and have values in the range [0 
1], The gain applied to the signal with directional sensitivity 11 is (1- a omn i). cc omn i is 
controlled by a controller 15 programmed to use the levels of the signals and estimation 
of signal to noise ratio in the input signal as well as possible other parameters to 

15 automatically choose the desired mode for the hearing aid user. The controller 15 can 
thus automatically change between the omni signal 12 and the directional signal 11. 
When changing mode, a omni will gradually fade from 0 to 1, or vice versa. 

The directional signal is preferably generated using an adaptive algorithm, but also 
20 stationary directional algorithms could be used. 

The frequency shaping block 3 contains a filterbank and compressors for frequency 
shaping and dynamic compression, which is used to modify the signal to fit to the 
impaired hearing of the user. This block could also contain other types of signal 
25 processing to enhance the signal, e.g. noise reduction. 

The anti feedback (AFB) block 4 generates an internal feedback path. The purpose of 
this path is that it should have the same characteristics as the external feedback path via 
the receiver 20, acoustic paths 5, microphones 21, and directional block 2. If equal, the 
30 feedback caused by the external feedback paths 5 will be removed when x(n) 9 the signal 
of the internal feedback, path is subtracted in the adder 16 after the directional block 2 in 
Figure 1. 
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The AFB uses an adaptive algorithm to track the changes of the external feedback path. 
A parameterized model of the feedback is used where the parameters are the coefficients 
of the FIR-filter. The adaptive algorithm is based on a prediction error method, that 
adjusts the coefficients so that the energy in the residual signal after cancellation, e(n\ is 
minimized. 

The coefficients are updated with a step given by and adaptive algorithm with a 
predefined step size// 0 . Possibly a normalized least mean square (NLMS) algorithm as 

describe in the following is used. This gives a step in the direction of steepest decent for 
the energy of e(n). The update is given by 

Bin) = 0(n -1) + 2- ^ W (n)e(n) 

where 0{n) is a vector with the coefficients, y/{ri) is a vector of same length as 0{ri) 
with the last samples of u(n), and ju 0 is a scalar that defines the step size. will control 
how fast the adaptive filter can adapt to changes in the external feedback path. 

One shortcoming of the adaptive filter is that it may adapt to tonal components of the 
input signal. The tonal component may then be attenuated. To reduce the sensitivity to 
tonal components a small ju 0 (i.e. slow adaptation) can be used. However, the adaptation 
speed acquired with this // 0 will usually be to slow if the hearing aid becomes unstable 
and starts to howl. 

Two alternative values of ju 0 are used, one low value for slow adaptation to get good 
resistance to tonal components and a higher value to get fast adaptation when required. 
However, the ju 0 is programmable, and a range of different values could be used if it is 
desired.The fast adaptation is used when the tone detector has detected howl. A 
hysteresis is used to allow for fast adaptation in a predefined period after the howl has 
vanished. 
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The external feedback paths 5 that the AFB tries to track is dependent on the DIR-block 
2. The feedback path can change substantially when switching between omni mode and 
directional mode. The AFB will then be misadjusted if the adaptation speed is too slow 
compared to the transition time of cc omrd . As a result the hearing aid may start to howl at 
the automatic transitions between the omni signal and directional signal. 

According to die invention the AFB system is forced to use fast mode when the 
directionality changes from omni mode to directional mode and thus prevents the hearing 
aid from howling due to too slow adaptation. The gain a omni \& used to monitor when 
changes occur. Values in the middle of the range from 0 to 1 will cause adaptation with 
the fast mode. The trigger 17 of Figure 1 gives an output idir_shifi) 18 of 1 when the 
input, a omni , is in the specified range. Other values of a omni will give an output of 0. The 
signal dirjshift 18 is in the AFB -block combined with the output of the tone detector in 
an OR-gate, so either of them can cause fast mode. The hysteresis insures that fast mode 
is used during the last part of the transition when cccmm has left the specified range. 

Other changes of the processing such as manual or automatic program shifts may also be 
used to control the adaptation speed of the antifeedback algorithm. Here it should be 
mentioned that any change involving changes in the gain setting could be used to set the 
adaptation speed of the anti feedback algorithm. This could be changes in soft squelch, 
compression or noise damping. Also in systems with adaptive directionality as described 
above the change in directionality, which might take place in one or more bands could 
also be used as input to the changes of the adaptation speed of the anti-feedback 
algorithm. 



